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1. 

WEAR-TOLL QUALITY 4.8KBPS SPEECH CODEC 

BACKGROUND OF THE INVENTION 

For many applications, e.g., mobile communications, 
voice main, secure voice, etc., a speech codec operating 
at 4.8 kbps and below with high-quality speech is 
needed. However, there is no known previous speech 
coding technique which is able to produce near-toll 
quality speech at this data rate. The government stan 
dard LPC-10, operating at 2.4 kbps, is not able to pro 
duce natural-sounding speech. Speech coding tech 
niques successfully applied in higher data rates (> 10 
kbps) completely break down when tested at 4.8 kbps 
and below. To achieve the goal of near-toll quality 
speech at 4.8 kbps, a new speech coding method is 
needed. 
A key idea for high quality speech coding at a low 

data rate is the use of the "analysis-by-synthesis' 
method. Based on this concept, an effective speech 
coding scheme, known as Code-Excited Linear Predic 
tion (CELP), has been proposed by M. R. Schroeder 
and B. S. Atal, "Code-Excited Linear Prediction 
(CELP): High Quality Speech at Very Low Bit Rates', 
Proc. Int. Conf. Acoust., Speech, and Signal Processing 
(ICASSP), pp. 937–940, 1985. CELP has proven to be 
effective in the areas of medium-band and narrow-band 
speech coding. Assuming there are L = 4 excitation 
subframes in a speech frame with size N=160 samples, 
it has been shown that an excitation codebook with 
1024, 40-dimensional random Gaussian codewords is 
enough to produce speech which is indistinguishable 
from the original speech. For the actual realization of 
this scheme, however, there still exist several problems. 

First, in the original scheme, most of the parameters 
to be transmitted, except the excitation signal, were left 
uncoded. Also, the parameter update rates were as 
sumed to be high. Hence, for low-date-rate applications, 
where there are not enough data bits for accurate pa 
rameter coding and high update rates, the 1024 excita 
tion codewords become inadequate. To achieve the 
same speech quality with a fully-coded CELP codec, a 
data rate close to 10 kbps is required. 

Secondly, typical CELP coders use random Gauss 
ian, Laplacian, uniform, pulse vectors or a combination 
of them to form the excitation codebook. A full-search, 
analysis-by-synthesis, procedure is used to find the best 
excitation vector from the codebook. A major draw 
back of this approach is that the computational require 
ment in finding the best excitation vector is extremely 
high. As a result, for real-time operation, the size of the 
excitation codebook has to be limited (e.g., < 1024) if 
minimal hardware is to be used. 

Thirdly, with the excitation codebook, which con 
tains 1024, 40-dimensional randon Gaussian code 
words, a computer memory space of 1024x40=40960 
words is required. This memory space requirement for 
the excitation codebook alone has already exceeded the 
storage capabilities of most of the commercially avail 
able DSP chips. Many CELP coders, hence, have to be 
designed with a smaller-sized excitation codebook. The 
coder performance, therefore, is limited, especially for 
unvoiced sounds. To enhance the coder performance, 
an effective method to significantly increase the code 
book size without a corresponding increase in the com 
putational complexity (and the memory requirement) is 
needed. 
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As described above, there are not enough data bits for 

accurate excitation representation at 4.8 kbps and be 
low. Comparing the CELP excitation to the ideal exci 
tation, which is the residual signal after both the short 
term and the long-term filters, there is still considerable 
discrepancy. Thus, several critical parts of a CELP 
coder must be designed carefully. For example, accu 
rate encoding of the short-term filter is found important 
because of the lack of excitation compensation. Also, 
appropriate bit allocation between the long-term filter 
(in terms of the update rate) and the excitation (in terms 
of the codebook size) is found necessary for good coder 
performance. However, even with complicated coding 
schemes, toll-quality is still hardly achieved. 

Multipulse excitation, as described by B. S. Atal and 
J. R. Remde, “A New Model of LPC Excitation for 
Producing Natural-Sounding Speech at Low Bit 
Rates", proc. ICASSP, pp. 614-617, 1982, has proven 
to be an effective excitation model for linear predictive 
coders. It is a flexible model for both voiced and un 
voiced sounds, and it is also a considerably compressed 
representation of the ideal excitation signal. Hence, 
from the encoding point of view, multipulse excitation 
constitutes a good set of excitation signals. However, 
with typical scalar quantization schemes, the required 
data rate is usually beyond 10 kbps. To reduce the data 
rate, either the number of excitation pulses has to be 
reduced by better modelling of the LPC spectral filter, 
e.g., as described by I. M. Transcoso, L. B. Almeida and 
J. M. Tribolet, "Pole-Zero Multipulse Speech Repre 
sentation Using Harmonic Modelling in the Frequency 
Domain", ICASSP, pp. 7.8.1-7.8.4., 1985, and/or more 
efficient coding methods have to be used. Applying 
vector quantization, e.g., as described by A. Buzo, A. 
H. Gray, R. M. Gray, and J. P. Market, "Speech Cod 
ing Based Upon Vector Quantization", IEEE Tran. 
Acoust., Speech, and Signal Processing, pp. 562-574, 
October, 1980, directly to the multipulse vectors is one 
solution to the latter approach. However, several obsta 
cles, e.g., the definition of an appropriate distortion 
measure and the computation of the centroid from a 
cluster of multipulse vectors, have hindered the applica 
tion of multipulse excitation in the low-bit-rate area. 

Hence, for the application of CELP codec structure 
to 4.8 kbps speech coding, careful compromise system 
design and effective parameter coding techniques are 
necessary. 

SUMMARY OF THE INVENTION 

It is an object of the present invention to overcome 
the above-discussed and other drawbacks of prior art 
speech codecs, and a more particular object of the in 
vention to provide a near-toll quality 4.8 kbps speech 
codec. 
These and other objects are achieved by a speech 

codec employing one or more of the following novel 
features: 
An iterative method to jointly optimize the parameter 

sets for a speech codec operating at low data rates; 
A 26-bit spectrum filter coding scheme which 

achieves identical performance as the 41-bit scheme 
used in the Government LPC-10; 
The use of a decomposed multipulse excitation 

model, i.e., wherein the multipulse vectors used as the 
excitation signal are decomposed into position and am 
plitude codewords, to achieve a significant reduction in 
the memory requirements for storing the excitation 
codebook: 
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Application of multipulse vector coding to medium 
band (e.g., 7.2-9.6 kbps) speech coding: 
An expanded multipulse excitation codebook for 

performance improvement without memory overload; 
An associated fast search method, optionally with a 

dynamically-weighted distortion measure, for selecting 
the best excitation vector from the expanded excitation 
codebook for performance improvement without com 
putational overload; 
The dynamic allocation and utilization of the extra 

data bits saved from insignificant pitch synthesizer and 
excitation signals; 
Improved silence detection, adaptive post-filter and 

the automatic gain control schemes; 
An interpolation technique for spectrum filter 

smoothing; 
A simple scheme to ensure the stability of the spec 

trum filter; 
Specially designed scalar quantizers for the pitch gain 

and excitation gain; 
Multiple methods for testing the significance of the 

pitch synthesizer and the excitation vector in terms of 
their contributions to the reconstructed speech quality; 
and 

System design in terms of bit allocation tradeoffs to 
achieve the optimum codec performance. 
BRIEF DESCRIPTION OF THE DRAWINGS 

The invention will be more clearly understood from 
the following description in conjunction with the ac 
companying drawings, wherein: 

FIG. 1 is a block diagram of the encoder side of an 
analysis-by-synthesis speech codec; 
FIG. 2 is a block diagram of the decoder portion of an 

analysis-by-synthesis speech codec; 
FIG. 3 is a flow chart illustrating speech activity 

detection according to the present invention; 
FIG. 4(a) is a flow chart illustrating an interframe 

predictive coding scheme according to the present in 
vention; 
FIG. 4(b) is a block diagram further illustrating the 

interframe predictive coating scheme of FIG. 4(a); 
FIG. 5 is a block diagram of a CELP synthesizer; 
FIG. 6 is a block diagram illustrating a closed-loop 

pitch filter analysis procedure according to the present 
invention; 

FIG. 7 is an equivalent block diagram of FIG. 6; 
FIG. 8 is a block diagram illustrating a closed-loop 

excitation codeword search procedure according to the 
present invention: 
FIG. 9 is an equivalent block diagram of FIG. 8; 
FIGS. 10(a)-10(d) collectively illustrate a CELP 

coder according to the present invention; 

4. 
coder using a codebook populated by multipulse vec 
tors; 
FIG. 15 illustrates the frame SNR for a coder using a 

codebook populated by Gaussian numbers and another 
5 coder using a codebook populated by decomposed mul 

tipulse vectors; 
FIG. 16 illustrates the frame SNR for a coder using a 

codebook populated by multipulse vectors and another 
coder using a codebook populated by decomposed mul 

10 tipulse vectors; 
FIG. 17 is a block diagram of a multipulse vector 

generation technique according to the present inven 
tion; 
FIGS. 18(a) and 18(b) together illustrate a coder 

15 using an expanded excitation codebook; 
FIG. 19 is a block diagram illustrating an automatic 

gain control technique according to the present inven 
tion; 
FIG. 20 is a brief block diagram for explaining an 

20 open-loop significance test method for a pitch synthe 
sizer according to the present invention; 

FIG. 21 is a block diagram illustrating a closed-loop 
significance test method for a pitch synthesizer accord 
ing to the present invention; 
FIG. 22 is a diagram illustrating an open-loop signifi 

cance test method for a multipulse excitation signal; 
FIG. 23 is a diagram illustrating a closed-loop signifi 

cance test method for the excitation signal; 
FIG. 24 is a chart for explaining a dynamic bit alloca 

30 tion scheme according to the present invention; 
FIG. 25 is a diagram for explaining an iterative joint 

optimization method according to the present inven 
tion: 

FIG. 26 is a diagram illustrating the application of the 
35 joint optimization technique to include the spectrum 

synthesizer; 
FIG. 27 is a diagram of an excitation codebook fast 

search method according to the present invention. 
DETAILED DESCRIPTION OF THE 

INVENTION 

A block diagram of the encoder side of a speech 
codec is shown in FIG. 1. An incoming speech frame 
(e.g., sampled at 8 kHz) is provided to a silence detector 

45 circuit 10 which detects whether the frame is a speech 
frame or a silent frame. For a silent frame, the whole 
encoding/ decoding process is by-passed to save com 
putation. White Gaussian noise is generated at the de 
coding side as the output speech. Many algorithms for 

50 silence detection would be suitable, with a preferred 
algorithm being described in detail below. 

If silence detector 10 detects a speech frame, a spec 
trum filter analysis is first performed in spectrum filter 
analysis circuit 12. A 10th-order all-pole filter model is 

FIG. 11 is an illustration of the frame signal-to-noise 55 assumed. The analysis is based on the autocorrelation 
ratio (SNR) for a coder employing closed-loop pitch 
filter analysis with a pitch filter update frequency of 
four times per frame; 
FIG. 12 is an illustration of the frame SNR for coders 

having a pitch filter update frequency of four times per 
frame, one coder using an open-loop pitch filter analysis 
and another using a closed-loop pitch filter analysis; 
FIG. 13 illustrates the frame SNR for a coder en 

ploying multipulse excitation, for different values of N. 
where N is the number of pulses in each excitation code 
word; 

FIG. 14 illustrates the frame SNR for a coder using a 
codebook populated by Gaussian numbers and another 

method using non-overlapping Hamming-windowed 
speech. The ten filter coefficients are then quantized in 
coding circuit 14, preferably using a 26-bit scheme de 
scribed below. The resultant spectrum filter coefficients 

60 are used for the subsequent analyses. Suitable algo 
rithms for spectrum filter coding are described in detail 
below. 
The pitch and the pitch gains are computed in pitch 

and pitch gain computation circuit 16, preferably by a 
65 closed-loop procedure as described below. A third 

order pitch filter generally provides better performance 
than a first-order pitch filter, especially for high fre 
quency components of speech. However, considering 
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the significant increase in computation, a first-order 
pitch filter may be used. The pitch and the pitch gain 
are both updated three times per frame. 

In pitch and pitch gain coding circuit 18, the pitch 
value is exactly coded using 7 bits (for a pitch range 
from 16 to 143 samples), and the pitch gain is quantized 
using a 5-bit scalar quantizer. 
The excitation signal and the gain term G are also 

computed by a closed-loop procedure, using an excita 
tion codebook 20, amplifier 22 with gain G, pitch syn 
thesizer 24 receiving the amplified gain signal, the pitch 
and the pitch gain as inputs and providing a synthesized 
pitch, the spectrum synthesizer 26 receiving the synthe 
sized pitch and spectrum filter coefficients ai and pro 
viding a synthesized spectrum of the received signal, 
and a perceptual weighting circuit 28 receiving the 
synthesized spectrum and providing a perceptually 
weighted prediction to the subtractor 30, the residual 
signal output of which is provided to the excitation 
codebook 20. Both the excitation signal codeword Ci 
and the gain term G are updated three times per frame. 
The gain term G is quantized by coding circuit 32 

using a 5-bit scalar quantizer. The excitation codebook 
is populated by a decomposed multipulse signal, de 
scribed in more detail below. Two excitation codebook 
structures can be employed. One is a non-expanded 
codebook with a full-search procedure to select the best 
excitation codeword. The other is an expanded code 
book with a two-step procedure to select the best exci 
tation codeword. Depending on the codebook structure 
used, different numbers of data bits are allocated for the 
excitation signal coding. 
To further improve the speech quality, two addi 

tional techniques may be used for coding and analysis. 
The first is a dynamic bit allocation scheme which real 
locates data bits saved from insignificant pitch filters 
(and/or excitation signals) to Some excitation signals 
which are in need of them, and the second is an iterative 
scheme which jointly optimizes the speech codec pa 
rameters. The optimization procedure requires an itera 
tive recomputation of the spectrum filter coefficients, 
the pitch filter parameters, the excitation gain and the 
excitation signal, all as described in more detail below. 
At the decoding side briefly shown in FIG. 2, the 

selected excitation codeword Ci is multiplied by the 
gain term G in amplifier 50 and is then used as the input 
signal to the pitch synthesizer 54 the output of which is 
used as an input to spectrum synthesizer 56. At 4.8 kbps, 
a post-filter 56 is necessary to enhance the perceived 
quality of the reconstructed speech. An automatic gain 
control scheme is also used to ensure the speech power 
before and after the post-filter are approximately the 
same. Suitable algorithms for post-filtering and auto 
matic gain control are described in more detail below. 

Depending on the use of the expanded or non 
expanded excitation codebooks, several different bit 
allocation schemes result, as shown in the following 
Table 1. 

Codec il #2 

Sample Rate 8 kHz 8 kHz 
Frame Size (samples) 2O 80 
Bits Available 26 O8 
Spectrum Filter 26 26 
Pitch 2 2 
Pitch Gain 5 15 
Excitation Gain 5 5 
Excitation 45 7 
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60 

-continued 
Codec if i2 

Frame Sync 
Remaining Bits 3 3 

Generally, the codecs with the non-expanded excita 
tion codebook have somewhat worse performance. 
However, they are easier to implement in hardware. It 
is noted here that other bit allocation schemes can still 
be derived based on the same structure. However, their 
performance will be very close. 

Speech Activity Detection 
In most practical situations, the speech signal con 

tains noise of a level which varies over time. As noise 
level increases, the task of precisely determining the 
onset and ending of speech becomes more difficult, and 
the speech activity detection becomes more difficult. 
The speech activity detection algorithm preferred 
herein is based on comparing the frame energy E of 
each frame to a noise energy threshold Nth. In addition, 
the noise energy threshold is updated at each frame so 
that any variations in the noise level can be tracked. 
A flow chart of the speech activity detection algo 

rithm is shown in FIG. 3. The average energy E is 
computed at 100, and the minimum energy is deter 
mined over the interval N= 100 frames at step 102. The 
noise threshold is then set at a value of 3 dB above Enin 
at step 104. 
The statistics of the length of speech spurts are used 

in determining the window length (N= 100 frames) for 
adaptation of Nth. The average length of a speech spurt 
is about 1.3 sec. A 100-frame window corresponds to 
more than 2 sec, and hence, there is a high probability 
that the window contains some frames which are purely 
silence or noise, 
The energy E is compared at step 106 with the 

threshold Nth to determine if the signal is silence or 
speech. If it is speech, step 108 determines if the number 
of consecutive speech frames immediately preceding 
the present frame (i.e., "NFR") is greater than or equal 
to 2. If so, a hangover count is set to a value of 8 at step 
110. If NFR is not greater than or equal to 2, the hang 
over count is set to a value of 1 at step 112. 

If the energy level E does not exceed the threshold at 
step 106, the hangover count is examined at step 114 to 
see if it is at 0. If not, then there is not yet a detected 
speech condition and the hangover count is decre 
mented at step 116. This continues until the hangover 
count is decremented to 0 from whatever value it was 
last set at in steps 110 or 112, and when step 114 detects 
that the hangover count is 0, silence detection has oc 
curred. 
The hangover mechanism has two functions. First, it 

bridges over the intersyllabic pauses that occur within a 
speech spurt. The choice of eight frames is governed by 
the statistics pertaining to the duration of the intersyl 
labic pauses. Second, it prevents clipping of speech at 
the end of a speech spurt, where the energy decays 
gradually to the silence level. The shorter hangover 
period of one frame, before the frame energy has risen 
and stayed above the threshold for at least three frames, 
is to prevent false speech declaration due to short bursts 
of impulsive noise. 
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Spectrum Filter Coding 
Based on the observation that the spectral shapes of 

two consecutive frames of speech are very similar, and 
the fact that the number of possible vocal tract configu 
rations is not unlimited, an interframe predictive scheme 
with vector quantization can be used for spectrum filter 
coding. The flow chart of this scheme is shown in FIG. 
4(a). 
The interframe predictive coding scheme can be for 

mulated as follows. Given the parameter set of the cur 
rent frame, F=(f(1), f(2), ..., f(10))T for a 10th order 
spectrum filter, the predicted parameter set is 

F=AF- (1) 

where the optimal prediction matrix A, which mini 
mizes the mean squared prediction error, is given by 

A = E(FF-1))(E(F-F-1)) (2) 

where E is the expectation operator. 
Because of their smooth behavior from frame to 

frame, the line-spectrum frequencies (LSF), described, 
e.g. by G. S. Kang and L. J. Fransen, "Low-Bit-Rate 
Speech Encoders Based on Line-Spectrum Frequencies 
(LSFs)", NRL Report 8857, November, 1984, are 
chosen as the parameter set. For each frame of speech, 
a linear predictive analysis is performed at step 120 to 
extract ten predictor coefficients (PCs). These coeffici 
ents are then transformed into the corresponding LSF 
parameters at step 122. For interframe prediction, a 
mean LSF vector, which is precomputed using a large 
speech data base, is first subtracted from the LSF vector 
of the current frame at step 124. A 6-bit codebook of 
(10X 10) prediction matrices, which is also precom 
puted using the same speech data base, is exhaustively 
searched at step 128 to find the prediction matrix A 
which minimizes the mean squared prediction error at 
step 128. m 
The predicted LSF vector F for the current frame is 

then computed at step 130, as well as the residual LSF 
vector which results from the difference between the 
current frame LSF vector Fn and the predicted LSF 
vector Fn. The residual LSF vector is then quantized by 
a 2-stage vector quantizer at steps 132 and 134. Each 
vector quantizer contains 1024 (10-bit) vectors. For 
improved performance, a weighted mean-squared-error 
distortion measure based on the spectral sensitivity of 
each LSF parameter and human listening sensitivity 
factors can be used. Alternatively, it has been found that 
a simple weighting vector 2, 2, , 1, 1, , 1, 1, 1, 1), 
which gives twice weight to the first two LSF parame 
ters, may be adequate. 
The 26-bit coding scheme may be better understood 

with reference to FIG. 4(b). Having selected the predic 
tor matrix A at step 128, the predicted LSF vector Fn 
can be computed at step 130 in accordance with Eq. (1) 
above. Subtracting the predicted LSF vector Fn from 
the actual LSF vector Fn in a subtractor 140 then yields 
the residual LSF vector labelled as En in FIG. 4(b). The 
residual vector En is then provided to first stage quan 
tizer 142 which contains 1024 (10-bit) vectors from 
which is selected the (10-bit) vector closest to the resid 
ual LSF vector En. The selected vector is designated in 
FIG. 4(b) as En, and is provided to a subtractor 144 for 
calculation of a second residual vector D representing 
the difference between the first residual signal En and its 
approximation En. The second residual signal D, is then 
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8 
provided to a second stage quantizer 146 which, like the 
first stage quantizer 142, contains 1024 (10-bit) vectors 
from which is selected the vector closest to the Second 
residual signal D. The vector selected by the second 
stage quantizer 146 is designated as D, in FIG. 4(b). 
To decode the current LSF vector, the decoder will 

need to know D, E, and F. Dn and En are each 10-bit 
vectors, for a total of 20 bits. F can be obtained from 
F-1 and A according to Eq. (1) above. Since Fn-1 is 
already available at the decoder, only the 6-bit code 
representing the matrix selected at step 128 is needed, 
thus a total of 26 bits. 
The coded LSF values are then computed at step 136 

through a series of reverse operations. They are then 
transformed at step 138 back to the predictor coeffici 
ents for the spectrum filter. 
For spectrum filter coding, several codebooks have 

to be pre-computed using a large training speech data 
base. These codebooks include the LSF mean vector 
codebook as well as the two codebooks for the two 
stage vector quantizer. The entire process involves a 
series of steps where each step would use the data from 
the previous step to generate the desired codebook for 
this step, and generate the required data base for the 
next step. Compared to the 41-bit coding scheme used in 
LPC-10, the coding complexity is much higher, but the 
data compression is significant. 
To improve the coding performance, a perceptual 

weighting factor may be included in the distortion mea 
sure used for the two-stage vector quantizer. The dis 
tortion measure is defined as 

10 r 
D = c)(X, -y) 

where Xi, yi denote respectively, the component of the 
LSF vector to be quantized and the corresponding 
component of each codeword in the codebook. () is the 
corresponding perceptual weighting factor, and is de 
fined as 

u(fi) did 1.375 is D is D, 
cut 

(f) \D/1.7s D, D, < 1.375 

where 

1.375 < f < 1000 Hz 
u(fi) = -0.5 a a -- (?- 1000) + 1 1000 s fis 4000 Hz 

u(fi) is a factor which accounts for the human ear insen 
sitivity to the high frequency quantization inaccuracy. 
f; denotes the ith component of the line-spectrum fre 
quencies for the current frame. Di denotes the group 
delay for fin milliseconds. Dmax is the maximum group 
delay which has been found experimentally to be 
around 20 ms. The group delays Di account for the 
specific spectral sensitivity of each frequency fi, and are 
well related to the formant structure of the speech spec 
trum. At frequencies near the formant region, the group 
delays are larger. Hence those frequencies should be 
more accurately quantized, and hence the weighting 
factors should be larger. 
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The group delays Di can be easily computed as the 

gradient of the phase angles of the ratio filter at -n7t 
(n = 1, 2, . . . , 10). These phase angles are computed in 
the process of transforming predictor coefficients of the 
spectrum filter to the corresponding line-spectrum fre 
quencies. 
Due to the block processing nature in the computa 

tion of the spectrum filter parameters in each frame, the 
spectrum filter parameters can have abrupt change in 
neighboring frames during transition periods of the 
speech signal. To smooth out the abrupt change, a spec 
trum filter interpolation scheme may be used. 
The quantized line-spectrum frequencies (LSF) are 

used for interpolation. To synchronize with the pitch 
filter and excitation computation, the spectrum filter 
parameters in each frame are interpolated into three 
different sets of values. For the first one-third of the 
speech frame, the new spectrum filter parameters are 
computed by a linear interpolation between the LSFs in 
this frame and the previous frame. For the middle one 
third of the speech frame, the spectrum filter parameters 
do not change. For the last one-third of the speech 
frame, the new spectrum filter parameters are computed 
by a linear interpolation between the LSFs in this frame 
and the following frame. Since the quantized line-spec 
trum frequencies are used for interpolation, no extra 
side information is needed to be transmitted to the de 
coder. 
For spectrum filter stability control, the magnitude 

ordering of the quantized line-spectrum frequencies (fl. 
f2,..., flo) is checked before transforming them back to 
the predictor coefficients. If any magnitude ordering is 
violated, i.e., fi, <f 1, the two frequencies are inter 
changed. 
An alternative 36-bit coding scheme is based on a 

method proposed by F. K. Soong and B. Juang, "Line 
Spectrum Pair (LSP) and Speech Data Compression', 
IEEE Proc. ICASSP-84, pp. 1.10.1-1. 10.4. Basically, 
the ten predictor coefficients are first converted to the 
corresponding line spectrun frequencies, denoted as (f, 
. . . , flo). The quantizing procedure is then: 
(1) Quantize f to fi, and set i=1, 
(2) Calculate Afi=f-1-fi 
(3) Quantize Af, to Af, A. 
(4) Reconstruct f = f--Af 
(5) If i = 10, stop; otherwise, go to (2) 

Because the lower order line spectrum frequencies 
have higher spectral sensitivities, more data bits should 
be allocated to them. It is found that a bit allocation 
scheme which assigns 4 bits to each of Afl-Afs, and 3 
bits to each of Af, - Af0, is enough to maintain the 
spectral accuracy. This method requires more data bits. 
However, since only scalar quantizers are used, it is 
much simpler in terms of hardware implementation. 

Pitch and Pitch Gain Computation 
The following is a description of two methods for 

better pitch-loop tracking to improve the performance 
of CELP speech coders operating at 4.8 kbps. The first 
method is to use a closed-loop pitch filter analysis 
method. The second method is to increase the update 
frequency of the pitch filter parameters. Computer sim 
ulation and informal listening test results have indicated 
that significant improvement in the reconstructed 
speech quality is achieved. 

It is also apparent from the discussion below that the 
closed-loop method for best excitation codeword selec 
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10 
tion is essentially the same as the closed-loop method 
for pitch filter analysis. 

Before elaborating on the closed-loop method for 
pitch filter analysis, an open-loop method will be de 
scribed. The open-loop pitch filter analysis is based on 
the residual signal {e} from short-term filtering. Typi 
cally, a first-order or a third-order pitch filter is used. 
Here, for performance comparison with the closed-loop 
scheme, a first-order pitch filter is used. The pitch per 
iod M (in terms of number of samples) and the pitch 
filter coefficient b are determined by minimizing the 
prediction residual energy E(M) defined as 

N (3) 
E(M) = S (en - ben-M) 

n = 1 

wherein N is the analysis frame length for pitch predic 
tion. For simplicity, a sequential procedure is usually 
used to solve for the values M and b for a minimum 
E(M). The value b is derived as 

b= RM/R (4) 

where 

N 2 (5) 
RM = X enen-M, and Ro a X ef n = 1 n = 1 

Substituting b in (4) into (3), it is easy to show that 
minimizing E(M) is equivalent to maximizing RM/Ro. 
This term is computed for each value of M in a selected 
range from 16 to 143 samples. The M value which maxi 
mizes the term is selected as the pitch value. The pitch 
filter coefficient b is then computed from equation (4). 
The closed-loop pitch filter analysis method was first 

proposed by S. Singhal and B. S. Atal, "Improving 
Performance of Multipulse LPC Coders at Low Bit 
Rates", proc. ICASSP, pp. 1.3.1-1.3.4, 1984, for mul 
tipulse analysis with pitch prediction. However, it is 
also directly applicable to CELP coders. This method 
for pitch filter analysis is such that the pitch value and 
the pitch filter parameters are determined by minimiz 
ing a weighted distortion measure (typically MSE) 
between the original and the reconstructed speech. 
Likewise, the closed-loop method for excitation search 
is such that the best excitation signal is determined by 
minimizing a weighted distortion measure between the 
original and the reconstructed speech. 
A CELP synthesizer is shown in FIG. 5, where C is 

the selected excitation codeword, G is the gain term 
represented by amplifier 150 and 1/P(Z) and 1/A(Z) 
represent the pitch synthesizer 152 and the spectrum 
synthesizer 154, respectively. For closed-loop analysis, 
the objective is to determine the codeword Ci, the gain 
term G, the pitch value M and the pitch filter parame 
ters so that the synthesized speech S(n) is closest to the 
original speech S(n) in terms of a defined weighted 
distortion measure (e.g., MSE). 
A closed-loop pitch filter analysis procedure is shown 

in FIG. 6. The input signal to the pitch synthesizer 152 
(e.g., which would otherwise be received from the left 
side of the pitch filter 152) is assumed to be zero. For 
simplicity in computation, a first-order pitch filter, 
P(Z)=1-bZ-M, is used. The spectral weighting filters 
156 and 158 have a transfer function given by 



5,307,441 
11 

-- 42 (6a) 

where 

O (6b) 
A(Z) = 1 + X aiZ' 

E 

y is a constant for spectral weighting control. Typi 
cally, y is chosen around 0.8 for a speech signal sampled 
at 8 kHz. 
An equivalent block diagram of FIG. 6 is given in 

FIG. 7. For zero input, X(n) is given by 
x(n)=bX(n-M). Let Yw(n) be the response of the fil 
ters 154 and 158 to the input X(n), then Yw(n)- 
=bYw(n-M). The pitch value M and the pitch filter 
coefficient b are determined so that the distortion be 
tween Yw(n) and Zw(n) is minimized. Here, Zw(n) is 
defined as the residual signal after the weighted mem 
ory of filter A(Z) has been subtracted from the 
weighted speech signal in subtractor 160. Yw(n) is then 
subtracted from Zw(n) in subtractor 162, and the distor 
tion measure between Yw(n) and Zw(n) is defined as: 

A. 
E(M, b) = (Zn(n) - 'H'(n)) 

- 

N 
X (Z (n) - b-(n - M)) 

nel 

(7) 

where N is the analysis frame. For optimum perfor 
mance, the pitch value M and the pitch filter coefficient 
b should be searched simultaneously for a minimum 
Eh (M,b). However, it is found that a simple sequential 
solution of M and b does not introduce significant per 
formance degradation. The optimum value of b is given 
bw 

N (8) 
2 Z-(n) (n - M) 

f = 

A . . X (n - M) 
n = 1 

h sc 

and the minimum value of Ei-(M,b) is given by 

(9) 
2 

(Zhi (n) (n - M)) ) 
E (f) = X. ZH (n) - 

n = } . . X (n - M) 
n = i 

Since the first term is fixed, minimizing EWOM) is equiv 
alent to maximizing the second term. This term is com 
puted for each value of M in the given range (16-143 
samples) and the value which maximizes the term is 
chosen as the pitch value. The pitch filter coefficient b 
is then found from equation (8). 
For a first order pitch filter, there are two parameters 

to be quantized. One is the pitch itself. The other is the 
pitch gain. The pitch is quantized directly using 7 bits 
for a pitch range from 16 to 143 samples. The pitch gain 
is scalarly quantized by using 5 bits. The 5-bit quantizer 
is designed using the same clustering method as in a 
vector quantizer design. That is, a training data base of 
the pitch gain is gathered by running a large speech data 
base through the encoding process, and the same 
method used in designing a vector quantizer codebook 
is then used to generate the codebook for the pitch gain. 
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12 
It has been found that 5 bits are enough to maintain the 
accuracy of the pitch gain. 

It has also been found that the pitch filter may some 
times become unstable, especially in the transition per 
iod where the speech signal changes its power level 
abruptly (e.g., from silent frame to voiced frame). A 
simple method to assure the filter stability is to limit the 
pitch gain to a pre-determined threshold value (e.g., 
1.4). This constraint is imposed in the process of gener 
ating the training database for the pitch gain. Hence the 
resultant pitch gain codebook does not contain any 
value larger than the threshold. It has been found that 
the coder performance was not affected by this con 
straint. 
The closed-loop method for searching the best excita 

tion codeword is very similar to the closed-loop method 
for pitch filter analysis. A block diagram for the closed 
loop excitation codeword search is shown in FIG. 8, 
with an equivalent block diagram being shown in FIG. 
9. The distortion measure between Zw(n) and Ywn) is 
defined as 

N 1. (10) 

Eu(G,C) = (Zwn) - Gywn): 

where Zw(n) denotes the residual signal after the 
weighted memories of filters 172 and 174 have been 
subtracted from the weighted speech signal in sub 
tractor 180. Yw (n) denotes the response of the filters 
172, 174 and 178 to the input signal Ci, where Ci is the 
codeword being considered. 
As in the closed-loop pitch filter analysis, a subopti 

mum sequential procedure is used to find the best com 
bination of G and Ci to minimize EH-(G,C). The opti 
mum value of G is given by 

N (11) 
X 2-(n)-(n) 

n = 1 
N 
X -(n) 

in sel 

G - 

and the minimum value of Ei(G,C) is given by 

2 (2) 
A. 

( X, Z (n)Y-(n) 
ne: 1 

N 
X, Y-(n) 

in sc 

N 
X Zy(n) - 

nucl. 
E-(C) 

As before, minimizing Ew(C) is equivalent to maximiz 
ing the second term in equation (12). This term is com 
puted for each codeword Ci in the excitation codebook. 
The codeword Ci which maximizes the term is selected 
as the best excitation codeword. The gain term G is 
then computed from equation (11). 
The quantization of the excitation gain is similar to 

the quantization of the pitch gain. That is, a training 
database of the excitation gain is gathered by running a 
large speech data base through the encoding process, 
and the same method used in designing a vector quan 
tizer codebook is used to generate the codebook for the 
excitation gain. It has been found that 5 bits were 
enough to maintain the speech coder performance. 

In M. R. Schroeder and B. S. Atal, "Code-Excited 
Linear Prediction (CELP): High Quality Speech at 
Very Low Bit Rates', proc. Int. Conf. Acoust., Speech, 
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and Signal Processing (ICASSP), pp. 937–940, 1985, it 
has been demonstrated that high quality speech can be 
obtained using a CELP coder. However, in that 
scheme, all the parameters to be transmitted, except the 
excitation codebook (a 10-bit random Gaussian code 
book), are left uncoded. Also, the parameter update 
frequencies are assumed to be high. Specifically, the 
(16th-order) short-term filter is updated once per 10 ms. 
The long-term filter is updated once per 5 ms. For 
CELP speech coding at 4.8 kbps, there are not enough 
data bits for the short-term filter to be updated more 
than once per frame (about 20-30 ms). However, with 
appropriate system design, it is possible to update the 
long-term filter more than once per frame. 
Computer simulation and informal listening tests 

have been conducted by the present inventor for CELP 
coders employing open-loop or closed-loop pitch filter 
analysis with different pitch filter update frequencies. 
The codiers are denoted as follows: 

CPA: open-loop, one update. 
CPB; closed-loop, one update. 
CP4A: open-loop, four updates. 
CP4B: closed-loop, four updates. 

A block diagram of the CELP coder is shown in FIGS. 
10(a)-10(c), and the decoder in FIG. 10(d), with the 
pitch and pitch gain being determined by a closed loop 
method as shown in FIG. 6 and the excitation code 
word search being performed by a closed loop method 
as shown in FIG. 8. The bit allocation schemes for the 
four coders are listed in the following Table. 

Codec CP1A, CPB CP4A, CP4B 

Sample Rate 8 kHz 8 kHz 
Frame Size 168 samples 220 samples 
Bits Available OO 132 
A(Z) 24 24 
Pitch 7 28 
b 5 20 
Gain 24 24 
Excitation 40 36 

For short-term filter analysis, the autocorrelation 
method is chosen over the covariance method for three 
reasons. The first is that by listening tests, there is no 
noticeable difference in the two methods. The second is 
that the autocorrelation method does not have a filter 
stability problem. The third is that the autocorrelation 
method can be implemented using fixed-point arithme 
tic. The ten filter coefficients, in terms of the line spec 
trum frequencies, are encoded using a 24-bit interframe 
predictive scheme with a 20-bit 2-stage vector quantizer 
(the same as the 26-bit scheme described above except 
that only 4 bits are used to designate the matrix A), or a 
36-bit scheme using scalar quantizers as described 
above. However, to accommodate the increased bits, 
the speech frame size has to be increased. 
The pitch value and the pitch filter coefficient were 

encoded using 7 bits and 5 bits, respectively. The gain 
term and the excitation signal were updated four times 
per frame. Each gain term was encoded using 6 bits. 
The excitation codebook was populated using decom 
posed multipulse signals as described below. A 10-bit 
excitation codebook was used for CP1A and CP1B 
coders, and a 9-bit excitation codebook was used for 
CP4A and CP4B coders. 
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14 
The CP1A, CPB coders were first compared using 

informal listening tests. It was found that the CP1B 
coder did not sound better than the CP1A coder. The 
pitch filter update frequency is different from the excita 
tion (and gain) update frequency, so that the pitch filter 
memory used in searching the best excitation signal is 
different from the pitch filter memory used in the 
closed-loop pitch filter analysis. As a result, the benefit 
gained by using a closed-loop pitch filter analysis is lost. 
The CP4A and CP4B coders clearly avoided this 

problem. Since the frame size is larger in this case, an 
attempt was made to determine if using more pulses in 
the decomposed multipulse excitation model would 
improve the coder performance. Two values of N 
(N= 16,10) were tried, where N is the number of 
pulses in each excitation codeword. The simulation 
result, in terms of the frame SNR, is shown in FIG. 11. 
It is seen that increasing N beyond 10 does not improve 
the coder performance in this case. Hence, N= 10 was 
chosen. 
A comparison of the performance for the CP4A and 

CP4B coders, in terms of the frame SNR, is shown in 
FIG. 12. It can be seen that the closed-loop scheme 
provides much better performance than the open-loop 
scheme. Although SNR does not correlate well with 
the perceived coder quality, especially when perceptual 
weighting is used in the coder design, it is found that in 
this case the SNR curve provides a correct indication. 
From informal listening tests, it was found that the 
CP4B coder sounded much smoother and cleaner than 
any of the remaining three coders. The reconstructed 
speech quality was actually regarded as close to "near 
tol 

Multipulse Decomposition 
P. Kroon and B. S. Atal, "Quantization Procedures 

for the Excitation in CELP Coders", proc. ICASSP, 
pp. 38.8-38.11, 1987, have demonstrated that in a CELP 
coder, the method of populating an excitation codebook 
does not make a significant difference. Specifically, it 
was shown that for a 1024-codeword codebook popu 
lated by different members, one by random Gaussian 
numbers, one by random uniform numbers, and one by 
multipulse vectors, the reproduced speech sounds al 
most identical. Due to the sparsity characteristic (many 
zero terms) of a multipulse excitation vector, it serves as 
a good candidate excitation model for memory reduc 
tion. 
The following is a description of a proposed excita 

tion model to replace the random Gaussian excitation 
model used in the prior art, to achieve a significant 
reduction in memory requirement without sacrifice in 
performance. Suppose there are Ni?samples in an excita 
tion sub-frame, so that the memory requirement for a 
B-bit Gaussian codebook is 2XN? words. Assuming 
No pulses in each multipulse excitation codeword, the 
memory requirement, including pulse amplitudes and 
positions, is (2x2XN) words. Generally, N is much 
smaller than Nf, Hence, a memory reduction is achieved 
by using the multipulse excitation model. 
To further reduce the memory requirement, a decom 

posed multipulse excitation model is proposed. Instead 
of using 2 multipulse codewords directly with the 
pulse amplitudes and positions randomly generated, 
2B/2 multipulse amplitude codewords and 2B/2 mul 
tipulse position codewords are separately generated. 
Each multipulse excitation codeword is then formed by 
using one of the 2B/2 multipulse amplitude codewords 
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and one of the 2/2 multipulse position codewords. A 
total of 2B different combinations can be formed. The 
size of the codebook is identical. However, in this case, 
the memory requirement is only (2x2F/2)xN words. 
To demonstrate that the decomposed multipulse exci 

tation model is indeed a valid excitation model, con 
puter simulation was performed to compare the coder 
performance using the three different excitation models, 
i.e., the random Gaussian model, the random multipulse 
model, and the decomposed multipulse excitation 
model. The Gaussian codebook was generated by using 
an N(0, 1) Gaussian random number generator. The 
multipulse codebook was generated by using a uniforn 
and a Gaussian random number generator for pulse 
positions and amplitudes, respectively. The decom 
posed multipulse codebook was generated in the same 
way as the multipulse codebook. 
The size of a speech frame was set at 160 samples, 

which corresponds to an interval of 20 ms for a speech 
signal sampled at 8 kHz. A 10th-order short-term filter 
and a 3rd-order long-term filter were used. Both filters 
and the pitch value were updated once per frame. Each 
speech frame was divided into four excitation sub 
frames. A 1024-codeword codebook was used for exci 
tation. 
For the random multipulse model, two values of N (8 

and 16) were tried. It was found that, in this case, N=8 
is as good as N = 16. Hence, N=8 was chosen. The 
memory requirement for the three models is as follows: 

1024 x 40 = 40960 words 
1024 x 2 x 8 cc 16384 words 
(32 - 32) x 8 = 52 words, 

Gaussian excitation: 
Multipulse excitation: 
Decomposed multipulse 
excitation: 

It is obvious that the memory reduction is significant. 
On the other hand, the coder performance, by using 
different excitation models, as shown in FIGS. 13-16, 
are virtually identical. Thus, multipulse decomposition 
represents a very simple but effective excitation model 
for reducing the memory requirement for CELP excita 
tion codebooks. It has been verified through computer 
simulation that the new excitation model is equally 
effective as the randon Gaussian excitation model for a 
CELP coder, 

It is to be noted that, with this excitation model, the 
size of the codebook can be expanded to improve the 
coder performance without having the problem of 
memory overload. However, a corresponding fast 
search method to find the best excitation codeword 
from the expanded codebook would then be needed to 
solve the computational complexity problem. 
Multipulse Excitation Codebook. Using Direct Vector 

Quantization 
1. Multipulse Vector Generation 

The following is a description of a simple, effective 
method for applying vector quantization directly to 
multipulse excitation coding. The key idea is to treat the 
multipulse vector, with its pulse amplitudes and posi 
tions, as a geometrical point in a multi-dimensional 
space. With appropriate transformation, typical vector 
quantization techniques can be directly applied. This 
method is extended to the design of a multipulse excita 
tion codebook for a CELP coder with a significantly 
larger codebook size than that of a typical CELP coder. 
For the best excitation vector search, instead of using 
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16 
direct analysis-by-synthesis procedure, a combined ap 
proach of vector quantization and analysis-by-synthesis 
is used. The expansion of the excitation codebook in 
proves coder performance, while the computational 
complexity, by using the fast search method, is far less 
than that of a typical CELP coder. 

T. Arazeki, K. Ozawa, S. Ono, and K. Ochiai, "Mul 
tipulse Excited Speech Coder Based on Maximum 
Cross-Correlation Search Algorithm", proc. Global 
Telecommunications Conf., pp. 734–738, 1983, pro 
posed an efficient method for multipulse excitation sig 
nal generation based on crosscorrelation analysis. A 
similar technique may be used to generate a reference 
multipulse excitation vector for use in obtaining a mul 
tipulse excitation codebook in a manner according to 
the present invention. A block diagram is given in FIG. 
17. 
Suppose X(n) is the speech signal in an N-sample 

frame after subtracting out the spill-over from the previ 
ous frames. Assume that I-1 pulses have been deter 
mined in position and in amplitude, the I-th pulse is 
found as follows: Let mi and gi be the location and the 
amplitude of the i-th pulse, respectively, and h(n) be the 
impulse response of the synthesis filter. The synthesis 
filter output Y(n) is given by, 

I (13) 
Y(n) = x. ghon - m) 

The weighted error E(n) between X(n) and Y(n) is 
expressed as 

(14) E(n) = (X(n) - (n)) * '(n) 

I 
= X(n) - X gih(n - mi) 

where * denotes convolution and X(n) and h(n) are 
the weighted signals of X(n) and h(n), respectively. The 
weighting filter characteristic is given in the Z-trans 
form notation, by 

(15) 
p P 
is a Z-k / | 1 - S aryk Z-k 2. ) ( 2.9k 

where the ar's are the predictor coefficients of the Pth 
order LPC spectral filter and y is a constant for percep 
tual weighting control. The value of y is around 0.8 for 
speech signal sampled at 8 kHz. 
The error power P, which is to be minimized, is 

defined as 

wz-( - 

(16) 

P 
nat 1 ps 

I 

x. - gh.(n - m e 

Given that I-1 pulses were determined, the 1-th pulse 
location mi is found by setting the derivative of the error 
power P, with respect to the I-th amplitude gi to zero 
for 1 is mis N. The following equation is obtained: 
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N (17) 
X X(n)h(n - mi) - 
s 

I- N 
s s X h(n - mR)h(n - mn k=1 = 

g| F. N 

X h(n - m)h(n - m) 
nael 

From the above two equations, it is found that the opti 
mum pulse location is given at point mr where the abso 
lute value of gi is maximum. Thus, the pulse location 
can be found with small calculation complexity. By 
properly processing the frame edge, the above equation 
can be further reduced to 

I 
Rh(n) - ki gkRhh(mk - mi) 

(18) 

where Rhh(m) is the autocorrelation of h(n), and 
Rh(m) is the crosscorrelation between h(n) and X(n). 
Consequently, the optimum pulse location mi is deter 
mined by searching the absolute maximum point of gi 
from eq. (18). For initialization, the optimum position 
m of the first pulse is where Rh(m) reaches its maxi 
mum, and the optimum amplitude is 

(19) 
g to 

For multipulse excitation signal generation, either the 
LPC spectral filter (A(Z)) alone can be used, or a con 
bination of the spectral filter and the pitch filter (P(Z)) 
can be used, e.g., as shown in FIG. 17, where 1/A(Z) * 
1/P(Z) denotes the convolution of the impulse re 
sponses of the two filters. From computer simulation 
and informal listening results, it has been found that, 
with spectral filter alone, approximately 32-64 pulses 
per frame is enough to produce high quality speech. At 
64 pulses per frame, the reconstructed speech is indistin 
guishable from the original. At 32 pulses per frame, the 
reconstructed speech is still good, but is not as "rich' as 
the original. With both the spectral filter and the pitch 
filter, the number of pulses can be further reduced. 
Given fixed pulse positions, the coder performance is 

improved by re-optimizing the pulse amplitudes jointly. 
The resulting multipulse excitation signal is character 
ized by a single multipulse vector V = (m. 1, ..., mL, g1, 

., gL), where L is the total number of pulses per 
frame. 

2. Multipulse Vector Coding 
For multipulse vector coding, a key concept is to 

treat the vector V = (ml, . . . , mL, g1, . . . , gL) as a 
numerical vector, or a geometrical point in a 2L-dimen 
sional space. With appropriate transformation, an effi 
cient vector quantization method can be directly ap 
plied. 

For multipulse vector coding, several codebooks are 
constructed beforehand. First, a pulse position mean 
vector (PPMV) and a pulse position variance vector 
(PPVV) are computed using a large training speech 
data base. Given a set of training multipulse vectors 
(V= (ml, ..., mL, g1, ..., gL), PPMV and PPVV are 
defined as 
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PPM = (E(m), . . ., E(n)) (20) 

PPVV = (o(m), . . . , or(ml)) 

where E() and or(.) denote the mean and the standard 
deviation of the argument, respectively. Each training 
multipulse vector V is then converted to a correspond 
ing vector Vic (n1,..., in L, g1, ..., gL), where 

(21) 

and 

gi=gi/G 

where G is a gain term given by 

Each vector V can be further transformed using some 
data compressive operation. The resulting training vec 
tors are then used to design a codebook (or codebooks) 
for multipulse vector quantization. 

It is noted here that the transformation operation in 
(21) does not achieve any data compression effect. It is 
merely used so that the designed vector quantizer can 
be applied to different conditions, e.g., different subset 
of the position vector or different speech power levels. 
A good data compressive transformation of the vector 
V would improve the vector quantizer resolution 
(given a fixed data rate) which is quite useful in the 
application of this technique to low-data-rate speech 
coding area. However, at present, an effective transfor 
mation method has yet to be found. 
Depending on the data rates available, and the resolu 

tion requirement of the vector quantizer, different vec 
torquantizer structures can be used. Examples are pre 
dictive vector quantizers, multi-stage vector quantizers, 
and so on. By regarding the multipulse vector as a nu 
merical vector, a simple weighted Euclidean distance 
can be used as the distortion measure in vector quan 
tizer design. The centroid vector in each cell is com 
puted by simple averaging. 
For on-line multipulse vector coding, each vector V 

is first converted to V as given in (21). Each vector V is 
then quantized by the designed vector quantizer. The 
quantized vector is denoted as q(V) = (q(n), . . . , 
q(nl), q(gi), . . . , q(gL)). At the decoding side, the 
coded multipulse vector is reconstructed as a vector 
V=(n1, . . . , ?hL, g1, . . . , gL), where 

q(G) denotes the quantized value of G, where G is the 
gain term computed through a closed-loop procedure in 
finding the best excitation signal. . denotes the closest 
integer to the argument. 

In general, a 2L-dimensional vector is too large in 
size for efficient vector quantizer design. Hence, it is 
necessary to divide the vector into sub-vectors. Each 
sub-vector is then coded using separate vector quantiz 
ers. It is obvious at this point that, given a fixed bit rate, 
there exists a compromise in system design regarding an 
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increase of the number of pulses in each frame and an 
increase in the resolution of multipulse vector quantiza 
tion. A best compromise can only be found through 
experimentation. 
The multipulse vector coding method may be ex 

tended to the design of the excitation codebook for a 
CELP coder (or for a general multipulse-excited linear 
predictive coder). The targeted overall data rate is 4.8 
kbps. The objective is two-fold: first, to increase signifi 
cantly the size of the excitation codebook for perfor 
mance improvement, and second, to maintain high 
enough resolution of multipulse vector quantization so 
that the (ideal) non-quantized multipulse vector for the 
current frame can be used as a reference vector for an 
excitation fast-search procedure. The fast search proce 
dure involves using the reference multipulse vector to 
select a small subset of candidate excitation vectors. An 
analysis-by-synthesis procedure then follows to find the 
best excitation vector from this subset. The reason for 
using the two-step, combined vector quantization and 
analysis-by-synthesis approach is that at this low data 
rate, the resolution of the multipulse vector quantiza 
tion is relatively coarse so that an excitation vector 
which is closest to the reference multipulse vector in 
terms of the (weighted) Euclidean distance may not be 
the one excitation that produces the closest replica (in 
terms of perceptually weighted distortion measure) to 
the original speech. The key design problem, hence, is 
to find the best compromise in system design so that the 
coder performance is maximized. 
For the targeted overall data rate at 4.8 kbps, the 

number of pulses in each speech frame, L, is chosen at 
30 as a good compromise in terms of coder performance 
and vector quantizer resolution- for fast search. To 
match the pitch filter update rate (three times per 
frame), three multipulse excitation vectors, V, each 
with l = L/3 pulses, are computed in each frame. Each 
transformed multipulse vector v. is decomposed into 
two vectors, an amplitude vector Vn = (in ),..., rh) and 
a position vector Vg=(g1, ...,g), for separate vector 
quantization. Two 8-bit, 10-dimensional, full-search 
vector quantizers are used to encode Vn and V respec 
tively. With different combinations, the effective size of 
the excitation codebook for each combined vector of 
Vn and V is 256'256=5,536. This is significantly larger 
than the corresponding size of the excitation codebook 
(usually is 1024) used in a typical CELP coder. In addi 
tion, the computer storage requirement for the excita 
tion codebook in this case is (256-256)x10=5120 
words. Compared to the corresponding amount re 
quired (approximately 1024x40 = 40960) words, for a 
10-bit random Gaussian codebook used in a typical 
CELP coder, the memory saving is also significant. 
For the search of the best excitation multipulse vec 

tor in each one of the three excitation subframes, a 
two-step, fast search procedure is followed. A block 
diagram of the fast search method is shown in FIG. 27. 
First, the a reference multipulse vector, which is the 
unquantized multipulse signal for the current sub-frame, 
is generated using the crosscorrelation analysis method 
described in the above-cited paper by Arazeki et al. The 
reference multipulse vector is decomposed into a posi 
tion vector Vn and an amplitude vector V which are 
then quantized using the two designed vector quantizers 
in accordance with amplitude and position codebooks. 
The N1 codewords which have the smallest predefined 
distortion measures from V are chosen, and the N2 
codewords which have the smallest predefined distor 
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20 
tion measures from Vn are also chosen. A total of 
NXN2 candidate multipulse excitation vectors 
V= (rhi,..., rhi, g1, ..., g) are formed. These excita 
tion vectors are then tried one by one, using an analysis 
by-synthesis procedure used in a CELP coder, to select 
the best multipulse excitation vector for the current 
excitation sub-frame. Compared to a typical CELP 
coder which requires 4x1024 analysis-by-synthesis 
steps in a single frame (assuming there are four sub 
frames and 1024 excitation code-vectors), the computa 
tional complexity of the proposed approach is far less. 
Moreover, the use of multipulse excitation also simpli 
fies the synthesis process required in the analysis-by 
synthesis steps. 
With random excitation codebooks, a CELP coder is 

able to produce fair to good-quality speech at 4.8 kbps, 
but (near) toll-quality speech is hardly achieved. The 
performance of the CELP speech coder may be en 
hanced by employing the multipulse excitation code 
book and the fast search method described above. 

Block diagrams of the encoder and decoder are 
shown in FIGS. 18(a) and 18(b). The sampling rate may 
be 8 kHz with the frame size set at 210 samples per 
frame. At 4.8 kbps, the data bits available are 126 bits/- 
frame. The incoming speech signal is first detected by a 
speech activity detector 200 as a speech frame or not. 
For a silent frame, the entire encoding/decoding pro 
cess is bypassed, and frames of white noise of appropri 
ate power level are generated at the decoding side. For 
speech frames, a linear predictive analysis based on the 
autocorrelation method is used to extract the predictor 
coefficients of a 10th-order spectral filter using Ham 
ming windowed speech. The pitch value and the pitch 
filter coefficient are computed based on a closed-loop 
procedure described herein. For simplicity of multi 
pulse vector generation, a first-order pitch filter is used. 
The spectral filter is updated once per frame. The 

pitch filter is updated three times per frame. Pitch filter 
stability is controlled by limiting the magnitude of the 
pitch filter coefficient. Spectral filter stability is con 
trolled by ensuring the natural ordering of the quantized 
line-spectrum frequencies. Three multipulse excitation 
vectors are computed per frame using the combined 
impulse response of the spectral filter and the pitch 
filter. After transformation, the multipulse vectors are 
encoded as previously described. A fast search proce 
dure using the unquantized multipulse vectors as refer 
ence vector is then followed to find the best excitation 
signal. 
The coefficient vector of the spectral filter A(Z) is 

first converted to the line-spectrum frequencies, as de 
scribed by F. Itakura, "Line Spectrum Representation 
of Linear Predictive Coefficients of Speech Signals", J. 
Acoust Soc. Am. 57, Supplement No. 1, 535, 1975, and 
G. S. Kang and L. J. Fransen, "Low-Bit Rate Speech 
Encoders Based on Line-Spectrum Frequencies 
(LSFs)", NRL Report 8857, November, 1984, and then 
encoded by a 24-bit interframe predictive scheme with 
a 2-stage (10X 10) vector quantizer. The interframe 
prediction scheme is similar to the one reported by M. 
Yong, G. Davidson, and A. Gersho, "Encoding of LPC 
Spectral Parameters. Using Switched-Adaptive Inter 
frame Vector Prediction", proc. ICASSP, pp. 402-405, 
1988. The pitch values, with a range of 16-143 samples, 
are directly coded using 7 bits each. The pitch filter 
coefficients are scalar quantized using 5 bits each. The 
multi-pulse gain terms are also scalar quantized using 6 
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bits each. 48 bits are allocated for the three multipulse 
vectors' coding. 
At the decoding side, the multipulse excitation signal 

is reconstructed and is then used as the input signal to 
the synthesizer which includes both the spectral filter 
and the pitch filter. As in a typical CELP coder, an 
adaptive post filter of the type described by V. Rama 
moorthy and N. S. Jayant, "Enhancement of ADPCM 
Speech by Adaptive Postfiltering", AT&T Bell Labora 
tories Tech, Journal, Vol. 63, No. 8, pp. 1465-1475, 
October, 1984, and J. H. Chen and A. Gersho, "Real 
Time Vector APC Speech Coding at 4800 bps with 
Adaptive Postfiltering', proc. ICASSP, pp. 2185-2188, 
1987, is used to enhance the perceived speech quality. A 
simple gain control scheme is used to maintain the 
power level of the output speech approximately equal 
to that before the postfilter. 

Using the encoder/decoder of FIGS. 10(a)-10(d) for 
comparison, and with a frame size of 220 samples, the 
number of data bits available at 4.8 kbps was 132 bits/- 
frame. The spectral filter coefficients were encoded 
using 24 bits, and the pitch, pitch filter coefficient, gain 
term and excitation signal were all updated four times 
per frame. Each was encoded using 7, 5, 6, and 9 bits, 
respectively. The excitation signal used was the decom 
posed multipulse excitation model described above. 
Both coders were tested against speech signals inside 

and outside of the training speech data base. By infor 
mal listening tests, it was found that E-CELP sounded 
somewhat smoother and cleaner than CELP. 

Since multipulse excitation is able to produce peri 
odic excitation components for voiced sounds, a possi 
ble further improvement would be to delete the pitch 
filter. 

Dynamically-weighted Distortion Measure 
In the embodiment described above, a mean-squared 

error (MSE) distortion measure is used for the fast exci 
tation search. The drawback for using MSE is twofold. 
First, it requires a significant amount of computation. 
Second, because it is not weighted, all pulses are treated 
the same. However, from subjective testing, it has been 
found that pulses with larger amplitudes in a multipulse 
excitation vector are more important in terms of the 
contributions to the reconstructed speech quality. 
Hence, an unweighted MSE distortion measure is not a 
suitable choice. 
A simple distortion measure is proposed here to solve 

the problems. Specifically, a dynamically-weighted 
distortion measure in terms of the absolute error is used. 
The use of the absolute error simplifies the computa 
tion. The use of the dynamic weighting, which is corn 
puted according to the pulse amplitudes, ensures that 
the pulses with larger amplitudes are more faithfully 
reconstructed. The distortion measure D and the 
weighting factors, coi, are defined as 

l 

D = 2, oilx, -y 
where 

where Xi denotes the component of the multipulse am 
plitude (or position) vector, yi denotes the component 
of the corresponding multipulse amplitude (or position) 
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codeword, gi's denote the multipulse amplitudes, and 1 
is the dimension of the multipulse amplitude (or posi 
tion) vector. Reconstruction of the pulses with smaller 
amplitudes, which are relatively more coarsely quan 
tized in the first step of the fast-search procedure, is 
taken care of in the second step of the fast-search proce 
dure. 
Through computer simulation, it has been found that 

by using a weighted absolute error distortion measure 
and a weighted MSE distortion measure, the perfor 
mances were about the same at this data rate. However, 
the computational complexity is much less for the for 
mer case. The reconstruction of the pulses with smaller 
amplitudes, which are relatively coarser-quantized in 
the first step of the fast-search procedure, is taken care 
of in the second step of the fast-search procedure. 

DYNAMIC BIT ALLOCATION 

In utterances containing many unvoiced segments, it 
is observed that the pitch synthesizer is less efficient. On 
the other hand, in stationary voiced segments, the pitch 
synthesizer is doing most of the work. Hence, to en 
hance speech codec performance at the low data rate, it 
is beneficial to test the significance of both the pitch 
synthesizer and the excitation signal. If they are found 
to be insignificant in terms of the contribution to the 
reconstructed speech quality, the data bits can be allo 
cated to other parameters which are in need of them. 
The following are two proposed methods for the 

significance test of the pitch synthesizer. The first is an 
open-loop method. The second is a closed-loop method. 
The open-loop method requires less computation, but is 
inferior in performance to the closed-loop method. 
The open-loop method for the pitch synthesizer sig 

nificance test is shown in FIG. 20. Specifically, the 
average powers of the residual signals r1(n) and r2(n) are 
computed, and denoted as P1 and P2, respectively. If 
P2D rP1, where r (0< r < 1) is a design parameter, the 
pitch synthesizer is determined insignificant. 
The closed-loop method for pitch synthesizer signifi 

cance test is shown in FIG. 21. r1(n) is the perceptually 
weighted difference between the speech signal and the 
response due to memories in the pitch and spectrum 
synthesizers 300 and 310. r2(n) is the perceptually 
weighted difference between the speech signal and the 
response due to memory in the spectrum synthesizer 
312 only. The decision rule is then to compute the aver 
age powers of r(n) and r2(n), denoted as P1 and P2, 
respectively. If P2) rP1, where r (0< r < 1) is a design 
parameter, the pitch synthesizer is insignificant. 
As in the case of the pitch synthesizer, two methods 

are proposed for the significance test of the excitation 
signal. The open-loop scheme is simpler in computation, 
whereas the closed-loop scheme is better in perfor 
aCe. 

The reference multipulse vector used in the fast exci 
tation search procedure described above is computed 
through a cross-correlation analysis. The cross-correla 
tion sequence and the residual cross-correlation se 
quence after multipulse extraction are shown in FIG. 
22. From this figure, a simple open-loop method for 
testing the significance of the excitation signal is pro 
posed as follows: 
Compute the average powers of r1(n) and r2(n), de 

noted as P1 and P2, respectively. 
If PerP1 or P1 <P, where r (0< r < 1) and P are 

design parameters, the excitation signal is insignificant. 
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The closed-loop method for the excitation signifi 
cance test is shown in FIG. 23. r1(n) is the perceptually 
weighted difference between the speech signal and the 
response of GC (where Ci is the excitation codeword 
and G is the gain term) through the two synthesizing 
filters, r2(n) is the perceptually-weighted difference 
between the speech signal and the response of zero 
excitation through the two synthesizing filters. The 
decision rule is to compute the average powers of r1(n) 
and r 20n), denoted as P1 and P2, respectively. If 
P1 > rP2, where r (O< r < 1) is a design parameter, the 
excitation signal is significant. 

In the preferred embodiment of the speech codec 
according to this invention, the pitch synthesizer and 
the excitation signal are updated synchronously several 
(e.g., 3-4) times per frame. These update intervals are 
referred to herein as subframes. In each subframe, there 
are three possibilities, as shown in FIG. 24. In the first 
case, the pitch synthesizer is determined insignificant. 
In this case, the excitation signal is important. In the 
second case, both the pitch synthesizer and the excita 
tion signal are determined significant. In the third case, 
the excitation signal is determined insignificant. The 
possibility that both the pitch synthesizer and the excita 
tion signal are insignificant does not exist, since the 10th 
order spectrum synthesizer cannot fit the original 
speech signal that well. 

If the pitch synthesizer in a specific subframe is found 
insignificant, no bit is allocated to it. The data bits B, 
which include the bits for pitch and the pitch gain(s), 
are saved for the excitation signal in the same subframe 
or one of the following subframes. If the excitation 
signal in a specific subframe is found insignificant, no bit 
is allocated to it. The data bits BG-- Be, which include 
BG bits for the gain term and Be bits for the excitation 
itself, are saved for the excitation signal in one of the 
following subframes. Two bits are allocated to specify 
which one of the three cases occurs in each subframe. 
Also, two flags are kept synchronously in both the 
transmitter and the receiver to specify how many Brbits 
and how many BG-Be bits saved are still available for 
the current and the following subframes. 
The data bits saved for the excitation signals in the 

following subframes are utilized as a two-stage closed 
loop scheme for searching the excitation codewords 
Ci, C2, and for computing the gain terms G1, G2, 
where the subscripts 1 and 2 indicate the first and sec 
ond stages, respectively. For the first stage, the closed 
loop method shown in FIG. 9 is used, where 1/P(z), 
1/A(z), and W(z) denote the pitch synthesizer, spec 
trum synthesizer, and perceptual weighting filter, re 
spectively, z(n) is the weighted speech residual after 
subtracting out the weighted memories of the spectrum 
synthesizer and the pitch synthesizer, and y(n) is the 
response of passing the excitation signal GCi through 
the pitch synthesizer set to zero. Each codeword Ci is 
tried, and the one C that produces the minimum mean 
squared-error distortion between Z(n) and y(n) is 
selected as the best excitation codeword C. The corre 
sponding gain term is then computed as G1. 

For the second stage, the same procedure is followed 
to find C2 and G2. The only differences are as follows: 
1. z(n) is now the weighted speech residual after sub 

tracting out the weighted memories of the spectrum 
synthesizer, the pitch synthesizer, and y(n) (pro 
duced by the selected excitation G1 C1 in the first 
Stage). 
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2. Depending on the extra bits available for the excita 

tion, e.g., Be or B-Bo at the second stage (as shown 
in FIG. 24), the excitation codebook is different. If Be 
bits are available, the same excitation codebook is 
used for the second stage. If B-Babits are available, 
where B-Bois usually smaller than Be, only the first 
2BP-BG codewords out of the 2P codewords are used. 
Referring again to FIG. 24, in the first case where the 

pitch synthesizer is insignificant, the excitation signal is 
important. Hence, if BC--Be extra bits are available 
from the previous subframes, they are used here. Other 
wise, the B bits saved from the previous subframes or 
the current subframe are used. In the second case, 
where both the pitch synthesizer and the excitation 
signal are significant, three possibilities exist. First, no 
extra bits are available from the previous subframes. 
Second, B bits are available from the previous sub 
frames. Third, BG-- Bebits are available from the previ 
ous subframes. One may choose to allocate zero bits to 
the second stage in this case, and save the extra bits for 
the first case in the following subframes. Or one may 
choose to use B bits, instead of BG+ Bebits, if both are 
available, and save the BG--Be bits for the first case in 
the following subframes. A best choice can be found 
through experimentation. 

Iterative Joint Optimization of The Speech Codec 
Parameters 

For an optimum performance for the synthesizer 
structure of FIG. 2 (under the constraint of this struc 
ture and the available data rate), all parameters should 
be computed and optimized jointly to minimize the 
perceptually-weighted distortion measure between the 
original and the reconstructed speech. These parame 
ters include the spectrum synthesizer coefficients, the 
pitch value, the pitch gain(s), the excitation codeword 
C, the gain term G, and (even) the post-filter coeffici 
ents. However, such a joint optimization method would 
require solution of a set of nonlinear equations with 
formidable size. Hence, even if the resultant speech 
quality would definitely be improved, it is impractical 
to do so. 
For a smaller degree of speech quality improvement, 

however, some suboptimum schemes could be used. An 
example is shown in FIG. 25. Here, the scale of joint 
optimization is limited to include only the pitch synthe 
sizer and the excitation signal. Moreover, instead of 
direct joint optimization, an iterative joint optimization 
method is used. For initialization, with zero excitation, 
the pitch value and the pitch gain(s) are computed by a 
closed-loop approach, e.g., in the manner described 
above with reference to FIG. 10(b). Then, by fixing the 
pitch synthesizer, a closed loop approach is used to 
compute the best excitation codeword Ci and the corre 
sponding gain term G. The switch in FIG. 25 is then 
moved to close the lower loop of the diagram. That is, 
the computed best excitation (GC) is now used as the 
input, and the pitch value and the pitch gain(s) are re 
computed. The process continues until a threshold is 
met that no more significant improvement in speech 
quality (in terms of the distortion measure) can be 
achieved. By using this iterative approach, the recon 
structed speech quality can be improved without re 
quiring a formidable increase in the computational com 
plexity. 
The same procedure can be extended to include the 

spectrum synthesizer of the type shown in FIG, 10(c), as 
shown in FIG. 26. where 1/P(Z), 1/A(Z) and W(Z) 
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denote the pitch synthesizer, the spectrum synthesizer 
and the perceptual weighting filter, respectively, and 
are defined as above in equations (6a) and (6b). The 
combined transfer function of 1/A(z) and W(z) can be 
written as 1/A'(z) where 

O w 

A'(Z) = 1 - aZ(ai = a y) 
ck 

For initialization, A(Z) is computed as in a typical 
linear predictive coder, i.e., using either the autocorre 
lation or the covariance method. Given A(Z), the pitch 
synthesizer is computed by the closed-loop method as 
described before. The excitation signal Ci and the gain 
term G are then computed. The iterative joint optimiza 
tion procedure now goes back to recompute the spec 
trum synthesizer, as shown in FIG. 26. A simplified 
method to do this is to use the previously computed 
spectrum synthesizer coefficients {ai} as the starting 
point, and use a gradient search method, e.g., as de 
scribed by B. Widrow and S. D. Stearns, Adaptive Signal 
Processing, Prentice-Hall, 1985, to find the new set of 
coefficients to minimize the distortion between S(n) 
and Y(n). This procedure is formulated as follows: 

O 
(n) = X ai.(n - i) + Xn 

R 

and 

N 
Minimize s (S(n) - Y,(n)) 

nac 

where N is the analysis frame length. To avoid the 
complicated moving-target problem, the weighting 
filter W(z) for the speech signal is assumed to be fixed 
based on the spectrum synthesizer coefficients com 
puted by the open-loop method. Only the weighting 
filter W(z) for the spectrum synthesizer 1/A(z) is as 
sumed to be updated synchronously with the spectrum 
synthesizer. Then, the pitch synthesizer and the excita 
tion signal are recomputed until a pre-determined 
threshold is met. 

It is noted here that, unlike the pitch filter, the stabil 
ity of the spectrum filter has to be maintained during the 
recomputation process. Also, the iterative joint optimi 
zation method proposed here can be applied over a 
large class of low data rate speech coders. 
Adaptive Post-Filtering and Automatic Gain Control 
The adaptive post filter P(Z) is given by 

P(Z)=(1-L2)A(Z/B)A (Z/a) (22) 

where A(Z) is 

10 

A(z) = 1 + 2, az 
(23) 

a's are the predictor coefficients of the spectrum 
filter d, g and u are design constants chosen to be 
around 0.7, 0.5 and 0.35 K, where K1 is the first reflec 
tion coefficient. A block diagram for AGC is shown in 
FIG. 19. The average power of the speech signal before 
post-filtering is computed at 210, and the average power 
of the speech signal after post-filtering is computed at 
212. For automatic gain control, a gain term is com 
puted as the ratio between the average power of the 
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speech signal after post-filtering and before post-filter 
ing. The reconstructed speech is then obtained by multi 
plying each speech sample after post-filtering by the 
gain term. 
The present invention comprises a codec including 

some or all of the features described above, all of which 
contribute to improved performance especially in the 
4.8 kbps range. 

It will be appreciated that various changes and modi 
fications may be made to the specific examples of the 
invention as described herein without departing from 
the spirit and scope of the invention as defined in the 
appended claims. 
What is claimed is: 
1. An apparatus for encoding an input speech signal 

into a plurality of coded signal portions, said apparatus 
including first means responsive to said input speech 
signal for generating at least a first coded signal portion 
of said plurality of coded signal portions and second 
means responsive to said input speech signal and to at 
least said first coded signal portion for generating at 
least a second coded signal portion of said plurality of 
coded signal portions, said first means comprising itera 
tive optimization means for 

(1) determining an optimum value for said first coded 
signal portion assuming no excitation signal, and 
providing a corresponding first output, 

(2) determining an optimum value for said second 
coded signal portion based on said first output and 
providing a corresponding second output, 

(3) determining a new optimum value for said first 
coded signal portion assuming said second output 
as an excitation signal, and providing a correspond 
ing new first output, 

(4) determining a new optimum value for said second 
coded value based on said new first output, and 
providing a corresponding new second output, and 

(5) repeating steps (3) and (4) until said first and sec 
ond coded signal portions are optimized. 

2. An apparatus as defined in claim 1, wherein said 
second means generates said second coded signal por 
tion by generating a predicted value of said input speech 
signal and comparing said predicted value to said input 
speech signal, and wherein steps (3) and (4) are repeated 
until an amount of distortion between said predicted 
value and said input speech signal is minimized. 

3. An apparatus as defined in claim 1, wherein said 
plurality of coded signal portions includes spectrum 
filter coefficients, and said iterative optimization means 
including means for first calculating an initial set of 
spectrum filter coefficients, then deriving said first and 
second optimized coded signal portions according to 
steps (1)–(5) in claim 1, and then deriving an optimized 
set of spectrum filter coefficients in accordance with at 
least said first and second optimized coded signal por 
tions and said initial set of spectrum filter coefficients. 

4. A speech analysis and synthesis method comprising 
the steps of deriving a set of predictor coefficients for 
each analysis time period from an original input signal 
having a plurality of successive analysis time periods, 
coding said predictor coefficients to obtain a coded 
representation of said coefficients, transmitting the 
coded representation of said predictor coefficients to a 
decoder and synthesizing the original input speech sig 
nal in accordance with said transmitted coded represen 
tation of said predictor coefficients, said coding step 
comprising: 
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transforming said set of predictor coefficients for one 
analysis time period into parameters in a parameter 
st to form a parameter vector; 

subtracting from said parameter vector a mean vector 
determined in advance from a large speech data 
base to obtain an adjusted parameter vector; 

selecting from a codebook of 2 entries (where L is an 
integer), prepared in advance from said large 
speech data base, a prediction matrix A such that 

where n is an integer, Fn is a predicted parameter 
vector for said one analysis time period and F-1 is 
the adjusted parameter vector for an immediately 
preceding analysis time period; 

calculating a predicted parameter vector for said one 
analysis time period as well as a residual parameter 
vector comprising the difference between said pre 
dicted parameter vector and said adjusted parame 
ter vector; 

quantizing said residual parameter vector in a first 
stage vector quantizer by selecting one of 2. 
(where M is an integer) first quantization vectors to 
obtain an intermediate quantized vector; 

calculating a residual quantized vector comprising 
the difference between said intermediate quantized 
vector and said residual parameter vector; 

quantizing said residual quantized vector in a second 
stage vector quantizer by selecting one of 2^ 
(where N is an integer) second quantization vectors 
to obtain a final quantized vector; and 

forming said transmitted coded representation of said 
predictor coefficients by combining an L-bit value 
representing the prediction matrix A, an M-bit 
value representing said intermediate quantized vec 
tor and an N-bit value representing said final quan 
tized vector. 

5. A speech analysis and synthesis method as defined 
in claim 4, wherein said parameters comprise line spec 
trum frequencies. 

6. A speech analysis and synthesis method as defined 
in claim 4, wherein L = 6, M = 10 and Nse 10. 

7. A speech analysis and synthesis method comprising 
the steps of deriving a set of predictor coefficients for 
each analysis time period from an original input signal 
having a plurality of successive analysis time periods, 
coding said predictor coefficients to obtain a coded 
representation of said coefficients, transmitting the 
coded representation of said predictor coefficients to a 
decoder and synthesizing the original input speech sig 
nal in accordance with said transmitted coded represen 
tation of said predictor coefficients, said coding step 
comprising: 

generating a multi-component input vector corre 
sponding to said set of predictor coefficients for 
one analysis time period, with each component of 
said vector corresponding to a frequency; 

quantizing said input vector by selecting a plurality of 
multi-component quantization vectors from a 
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accordance with the frequency to which said con 
ponent corresponds; 

selecting as a quantizer output the one of said plural 
ity of selected quantization vectors resulting in the 
least distortion measure; and 

generating said transmitted coded representation in 
accordance with the selected quantizer output. 

8. A speech analysis and synthesis method as defined 
in claim 7, wherein said weighting factor is given by 

u(?)\D/D. 1.375 is DS Dax 
co e 

(f) \D/.375D D, < 1.375 

where 

1.375 ( f, < 1000 Hz 
u(f) = - 

s (f - 1000) + i 1000 s fi is 4000 Hz 

where f denotes the frequency represented by the ith 
component of the input vector, Di denotes a group 
delay for fi in milliseconds, and Dmax is a maximum 
group delay. 

9. A speech analysis and synthesis method as defined 
in claim 8, wherein said distortion measure is given by 

r D = X co - yi) 

where Xi, yi denote respectively, the components of the 
input vector and the corresponding components of each 
selected quantization vector, and c) is the corresponding 
weighting factor. 

10. A speech analysis and synthesis system compris 
ing: 

excitation signal generating means for generating for 
each of a plurality of analysis time periods of an 
input speech signal a multipulse excitation signal 
comprising a sequence of excitation pulses each 
having an amplitude and a position within said 
analysis time period, said excitation signal generat 
ing means comprising: 

means for storing a plurality of pulse amplitude code 
words; 

means for storing a plurality of pulse position code 
words; and 

means for reading a pulse amplitude codeword and a 
pulse position codeword to form said multipulse 
excitation pulse; and 

means for subsequently regenerating said speech sig 
nal in accordance with said multipulse excitation 
signals. 

11. A speech analysis and synthesis method compris 
quantization vector storage means and calculating 60 ing the steps of: 
for each selected quantization vector a distortion 
measure in accordance with the difference between 
each component of said input vector and each 
corresponding component of the selected quantiza 
tion vector, and in accordance with a weighting 
factor associated with each component of said 
input vector, the weighting factor being deter 
mined for each component of said input vector in 

65 

generating for each of a plurality of analysis time 
periods of an input speech signal a multipulse exci 
tation vector representing a sequence of excitation 
pulses each having an amplitude and a position 
within said analysis time period, said generating 
step comprising: 

selecting a pulse position codeword from a stored 
plurality of pulse position codewords; 
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selecting a pulse amplitude codeword from a stored 
plurality of pulse amplitude codewords; and 

combining said selected pulse position and pulse am 
plitude codewords to form said multipulse excita 
tion vector; and 

subsequently regenerating said speech signal in ac 
cordance with said multipulse excitation vector. 

12. A speech analysis and synthesis method as defined 
in claim 11, wherein each multipulse excitation vector is 
of the form V = (ml, . . . , mL, g1, . . . , gL), where L is 
the total number of excitation pulses represented by said 
vector, mL and gL are pulse position and pulse ampli 
tude codewords, respectively, corresponding to the 
L-th excitation pulse in said vector, and wherein said 
step of selecting a pulse position codeword comprises 
determining a position m within said analysis time per 
iod at which the absolute value of gi has a maximum 
value, where mi and gi are the position and amplitude of 
an I-th excitation pulse; and selecting a pulse position 
codeword mi for said I-th excitation pulse in accordance 
with the determined value of mi. 

13. A speech analysis and synthesis method as defined 
in claim 12, wherein said step of selecting a pulse ampli 
tude codeword comprises the steps of: 

calculating an amplitude gi for said I-th excitation 
pulse in accordance with said determined position 
M1. 

14. A speech analysis and synthesis method as defined 
in claim 12, wherein said speech signal is regenerated 
using a synthesis filter, and wherein g| is given by: 

S (n)h(n - ni) -- ps 1 

I-1 N 
X gk X h(n - mR)h(n - mi) 
ks - 

g is N 

S. h(n - mph.(n - m) is 

wherein X(n) is a weighted speech signal and hi(n) is 
a weighted impulse response of said synthesis filter. 

15. A speech analysis and synthesis method as defined 
in claim 12, wherein said speech signal is regenerated 
using a synthesis filter, and wherein gi is given by: 

I-l 
Rh(mi) - ki gkRhink - mi) 

gi as Rhi(0) 

where Rhh(m) is the autocorrelation of h(n), h(n) is a 
weighted impulse response of said synthesis filter, 
Rh(n) is the crosscorrelation between h(n) and X(n), 
and X(n) is a weighted speech signal. 

16. A speech analysis and synthesis method as defined 
in claim 12, wherein said step of selecting a pulse posi 
tion codeword comprises: 

determining a position ml within said analysis time 
period at which Rh(m) has a maximum value, 
where Rh(m) is the crosscorrelation between a 
weighted impulse response h(n) of said synthesis 
filter and a weighted speech signal X(n); and 

selecting a pulse position codeword in accordance 
with said determined position m. 

17. A speech analysis and synthesis method as defined 
in claim 16, wherein said step of selecting a pulse ampli 
tude codeword comprises: 
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30 
determining a value for the amplitude g1 of said first 

excitation pulse according to: 

Rh(m) 
g = Ro, 

where Rhh(O) is the autocorrelation of h(O). 
18. A speech analysis and synthesis method as defined 

in claim 11 wherein each said multipulse excitation 
vector is of the form V = (ml, . . . , mL, g1, . . . , gL), 
where L is the total number of excitation pulses repre 
sented by said vector, mi and gil SiSL, are position 
related and amplitude-related terms, respectively, cor 
responding to the i-th excitation pulse in said vector, 
said method further comprising coding said vectors and 
decoding said vectors prior to said regenerating step, 
said coding step comprising: 

generating from said vector V a position reference 
subvector Vm and an amplitude reference subvec 
tor vector V. 

selecting from a position codebook a plurality of 
position codewords in accordance with said posi 
tion reference subvector; 

selecting from an amplitude codebook a plurality of 
amplitude codewords in accordance with said am 
plitude reference subvector; 

generating a plurality of position codeword/ampli 
tude codeword pairs from various combinations of 
said selected position and amplitude codewords; 

calculating a distortion measure between said mul 
tipulse excitation vector and each position code 
word/amplitude codeword pair; and 

selecting a position codeword/amplitude codeword 
pair resulting in the lowest distortion measure. 

19. A speech analysis and synthesis method compris 
ing the steps of: 

generating for each of a plurality of analysis time 
periods of an input speech signal a multipulse exci 
tation vector representing a sequence of excitation 
pulses each having an amplitude and a position 
within said analysis time period, 

coding said multipulse excitation vectors, wherein 
said coding step comprises: 

generating for each multipulse excitation vector a 
difference excitation vector which is a function of 
the difference between said each multipulse excita 
tion vector and a reference multipulse excitation 
vector; and 

quantizing said difference excitation vector to obtain 
said coded multipulse excitation vectors; 

decoding the coded multipulse excitation vectors; 
and 

subsequently regenerating said speech signal in ac 
cordance with decoded multipulse excitation vec 
torS. 

20. A speech analysis and synthesis method as defined 
in claim 19, wherein each multipulse excitation vector is 
of the form V = (n1, . . . , mL, g1, . . , gL), where L is 
the total number of excitation pulses represented by said 
vector, mi and gi, 1 s is L., are pulse position and pulse 
amplitude codewords, respectively, corresponding to 
the i-th excitation pulse in said vector, and wherein said 
difference excitation vector is given by V = (in 1, . . . . 
?hL, g1, . . . , gL), where 

and 
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where m' and In" are taken from first and second refer 
ence vectors V"-(m", . . . , mL, g1', . . . , gL) and 
V"= (m", ..., mL", g1', ..., gL") prepared in advance 
from a large speech data base, and G is a gain term 
given by 

21. A speech analysis and synthesis method as define 
din claim 20, wherein ni" is the mean of all values of mi 
in said large speech data base. 

22. A speech analysis and synthesis method as defined 
in claim 21, wherein m' is the standard deviation of all 
values of mi in said large speech data base. 

23. A speech analysis and synthesis method as defined 
in claim 20, wherein said coding step further comprises 
separating said difference vector into a position subvec 
tor (n1,..., mL) and an amplitude subvector (g1,..., 
gL), and then quantizing said position subvector in a 
first quantizer and quantizing said amplitude subvector 
in a second quantizer. 

24. A speech analysis and synthesis method compris 
ing the steps of: 

generating for each of a plurality of analysis time 
periods of an input speech signal a vector repre 
senting a sequence of excitation pulses each having 
an amplitude and a position within said analysis 
time period, each of said vectors being of the form 
V= (ml, . . . , mL, g1, ..., gL), where L is the total 
number of excitation pulses represented by said 
vector, mi and gi, l is is L., are position-related and 
amplitude-related terms, respectively, correspond 
ing to the i-th excitation pulse in said vector; 

coding said vectors, wherein said coding step com 
prises separating said vector into a position subvec 
tor (m), . . . , ?hL) and an amplitude subvector (g1, 

., gL), and then quantizing said position subvec 
tor in a first quantizer and quantizing said ampli 
tude subvector in a second quantizer, with the 
quantized position subvector and quantized ampli 
tude subvector together comprising said coded 
vector; 

decoding the coded vectors; and 
subsequently regenerating said speech signal in ac 

cordance with decoded vectors. 
25. A speech analysis and synthesis method compris 

ing the steps of: 
generating, for each of a plurality of analysis time 

periods of an input speech signal, a vector repre 
senting a sequence of excitation pulses each having 
an amplitude and a position within said analysis 
time period, each said vector being is of the form 
V= (ml, ..., mL, g1, ..., gL), where L is the total 
number of excitation pulses represented by said 
vector, m, and g, 1s is L, are position-related and 
amplitude-related terms, respectively, correspond 
ing to the i-th excitation pulse in said vector; 

coding said vectors, wherein said coding step com 
prises: 

generating from a given one of said vectors a position 
reference subvector Vn and an amplitude reference 
subvector vector Vg: 
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32 
selecting from a position codebook a plurality of 

position codewords in accordance with said posi 
tion reference subvector; 

selecting from an amplitude codebook a plurality of 
amplitude codewords in accordance with said am 
plitude reference subvector; 

generating a plurality of position codeword/ampli 
tude codeword pairs from various combinations of 
said selected position and amplitude codewords; 

calculating a distortion measure between said given 
vector and each position codeword/amplitude 
codeword pair; and 

selecting a position codeword/amplitude codeword 
pair resulting in the lowest distortion measure as a 
coded version of said given vector; 

decoding the coded vectors; and 
subsequently regenerating said speech signal in ac 
cordance with decoded vectors. 

26. A speech analysis and synthesis method as defined 
in claim 25, wherein said distortion measure comprises a 
dynamically weighted distortion measure weighted in 
accordance with a weighting function which is a func 
tion of the amplitude of each amplitude term in each 
position codeword/amplitude codeword pair. 

27. A speech analysis and synthesis method as defined 
in claim 26, wherein said dynamically weighted distor 
tion measure D is given by, 

D 
L 

adixi - yi 
- 

where coi is said weighting function and is given by 

gi 

i. ill j= 1 8 

r 

where xi denotes a component of said vector, and yi 
denotes a corresponding component of a position code 
word/amplitude codeword pair. 

28. A speech analysis and synthesis method compris 
ing the steps of: 

generating a plurality of analysis signals from an input 
signal, said analysis signals comprising at least a 
pitch signal portion including a pitch value and a 
pitch gain value, and an excitation signal portion 
including an excitation codeword and an excitation 
gain signal; 

coding said analysis signals, wherein said coding step 
includes the steps of: 

classifying each of said pitch signal portions and exci 
tation signal portions as significant or insignificant; 

allocating a number of coding bits to each of said 
pitch signal portions and excitation signal portions 
in accordance with results of said classifying step; 
and 

coding each of said pitch and excitation signals with 
the number of bits allocated to each; and 

decoding said analysis signals; and 
synthesizing said coded speech signal in accordance 

with the decoded analysis signals. 
29. A speech analysis and synthesis method as define 

din claim 28, wherein said allocating step comprises 
allocating a greater number of bits to a pitch signal 
portion classified as significant than to a pitch signal 
portion classified as insignificant, and allocating a 
greater number of bits to an excitation signal portion 
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classified as significant than to an excitation signal clas 
sified as insignificant. 

30. A speech analysis and synthesis method as defined 
in claim 29, wherein said allocating step comprises allo 
cating zero bits to said pitch signal portion if it is classi 
fied as insignificant, and allocating zero bits to said 
excitation signal portion if it is classified as insignificant. 

31. A speech activity detector for use in an apparatus 
for encoding an input signal having speech and non 
speech portions, for determining the speech or non 
speech character of said input signal over each of a 
plurality of successive intervals, said speech activity 
detector comprising monitoring means for monitoring 
an energy content of said input speech signal and dis 
criminating means responsive to the monitored energy 
for discriminating between speech and non-speech 
input signals, said monitoring means comprising means 
for determining an average energy of said input signal 
over one of said intervals and means for determining a 
minimum value of said average energy over a predeter 
mined number of said intervals; and said discriminating 
means comprising means for determining a threshold 
value in accordance with said minimum value and 
means for comparing said average energy of said input 
signal over said one interval to said threshold value to 
determine if said input signal during said one interval 
represents speech or non-speech. 

32. A speech activity detector as defined in claim 31, 
wherein said one interval is the last of said predeter 
mined number of intervals. 

33. A speech activity detector as defined in claim 31, 
further comprising: 
means responsive to the determination that said aver 
age energy in said one frame exceeds said threshold 
value for setting a hangover value in accordance 
with the number of consecutive intervals for which 
said threshold has been exceeded; and 

means responsive to a determination that said average 
energy for said one interval does not exceed said 
threshold value for determining that said input 
signal represents a non-speech portion if said hang 
over value is at a predetermined level, and other 
wise decrementing said hangover value. 

34. A speech detector for discriminating between 
speech and non-speech intervals of an input signal, said 
speech detector comprising monitoring means for moni 
toring at least one characteristic of said input signal and 
discriminating means responsive to said monitoring 
means for discriminating between speech and non 
speech input signals, wherein said monitoring means 
comprises first means for determining if said one char 
acteristic of said input signal for a present interval meets 
at least a first criterion of a signal representing speech 
and wherein said discriminating means comprises sec 
ond means responsive to a determination of speech by 
said first means for setting a predetermined hangover 
time in accordance with a number of consecutive inter 
vals for which said input signal has been determined to 
satisfy said first criterion, and third means responsive to 
a determination by said first means that said input signal 
does not satisfy said criterion for determining non 
speech in accordance with a number of consecutive 
intervals for which said criterion has not been satisfied 
and in accordance with the hangover time set by said 
second means. 

35. A speech analysis and synthesis method compris 
ing the steps of: 

34 
deriving a set of synthesis parameters for each frame 
from an original input signal having a plurality of 
successive frames including a current frame, a pre 
vious frame and a next frame, with each frame 

5 having first, second and third portions, said step of 
deriving said synthesis parameters comprising: 

generating a set of first parameters corresponding to 
each frame of said input signal, each set of first 
parameters for a given frame including first, second 
and third subsets corresponding to said first, sec 
ond and third portions of the given frame; 

generating an interpolated first subset of parameters 
by interpolating between said first subsets of said 
current and previous frames; 

generating an interpolated third subset of parameters 
by interpolating between said third subsets of said 
current and next frames; 

combining said interpolated first subset, said second 
subset and said interpolated third subset of parame 
ters to form a set of synthesis parameters for said 
current frame; 

transmitting the synthesis parameters to a decoder; 
and 

synthesizing the original input speech signal in accor 
dance with said transmitted synthesis parameters. 

36. A speech analysis and synthesis method as define 
din claim 35, wherein said first set of parameters com 
prise line spectrum frequencies. 

37. A speech analysis and synthesis method, compris 
30 ing: 

deriving a set of spectrum filter coefficients for each 
frame from an original input signal representing 
speech and having a plurality of successive frames; 

converting said spectrum filter coefficients to an or 
dered set of n frequency parameters (f1, f2, ..., fl), 
where n is an integer; 

determining if any magnitude ordering has been vio 
lated, i.e., if f <f 1, where i is an integer between 
and n; 

if any magnitude ordering has been violated, rear 
ranging said frequency parameters by reversing the 
order of the two frequencies fi and f-, which re 
sulted in the violation; 

converting said frequency parameters, after any rear 
rangement if that has occurred, back to spectrum 
filter coefficients; and 

synthesizing said original input signal representing 
said speech in accordance with the spectrum filter 
coefficients resulting from said converting step. 

38. A speech analysis and synthesis method as defined 
in claim 37, wherein said frequency parameters com 
prise line spectrum frequencies. 

39. A speech analysis and synthesis method compris 
ing the steps of: 

generating a plurality of analysis signals from an input 
signal, said analysis signals comprising at least a 
pitch value, a pitch gain value, an excitation code 
word and an excitation gain signal, quantizing said 
analysis signals, wherein said quantizing step com 
prises: 

quantizing said pitch value directly by classifying said 
pitch value into one of a plurality of 2m value 
ranges, where m is an integer, with m quantization 
bits representing the classification value; and 

quantizing said pitch gain by selecting a correspond 
ing codeword from a codebook of 2n codewords, 
where n is an integer, with n quantization bits rep 
resenting the selected codeword; 
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providing the quantized analysis signals to a decoder, 
and 

synthesizing said speech signal in accordance with 
the quantized signals at the decoder. 

40. A speech analysis and synthesis method as define 
din claim 39, wherein n <m. 

41. A speech analysis and synthesis method as define 

36 
representing said excitation codeword with k bits 

indicating the one of 2k codewords from which said 
excitation codeword was selected; and 

quantizing said excitation gain by selecting a corre 
sponding codeword from a codebook of 2 previ 
ously computed excitation gain codewords, where 
l is an integer, with l quantization bits representing 
the selected excitation gain codeword. 

42. A speech analysis and synthesis method as defined 
din claim 39, wherein said quantizing step further com- 10 in claim 41, wherein (k. 
prises: 
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